Abstract. In the DSSS-based communication and measurement systems, we need to detect and capture the carrier Doppler frequency of received signal preliminarily, deliver it to the carrier tracking loop, and then obtain the accurate estimation of echo Doppler frequency, in order to demodulate and dispread the received signal correctly. In this paper, the existing acquisition algorithms are reviewed and discussed. Based on the discussion, an FFT-coefficientinterpolation-based acquisition algorithm is proposed. The proposed algorithm improves the accusation of Doppler frequency estimation and lays the foundation for fast locking of the track loop. In this paper, the implementation of the algorithm is deduced and verified by simulation experiments, and the estimation accuracy of the algorithm under different CNR and FFT number is proved. Simulation results show that the proposed algorithm can achieve higher Doppler frequency estimation accuracy at lower SNR and FFT number.
Introduction
With the development of space technology, human exploration of space gradually deepened, radio communication and measurement technology has become increasingly important. Among them, the direct sequence spread spectrum technology is widely used in the fields of satellite positioning navigation, communication anti-jamming and spatial location measurement because of its strong anti-interference ability, good concealment, anti-detection, anti-eavesdropping, anti-direction and other characteristics [1] . Direct sequence spread spectrum system is divided into transmitter and receiver. At the receiving end, the receiver reduces the received signal to the original information by despreading and demodulating. To correctly perform despreading and demodulation, accurate pseudo-code synchronization and carrier synchronization must be performed, where the capture of the signal is a very important step. The capture algorithm includes the combination of pseudo-code synchronization and carrier Doppler frequency acquisition. The traditional acquisition algorithm has a serial capture algorithm, a parallel capture algorithm and a string-and-combination acquisition algorithm. For the combination of acquisition time and hardware resources, And the frequency domain parallel capture algorithm based on FFT is used.
In FFT-based frequency domain parallel capture algorithm, the longer the coherent accumulation time, the higher the resolution of the spectrum, the more accurate the capture result. However, due to hardware resources and computing speed and other requirements, coexistence of the length of time there are many restrictions. Traditionally, the loss of FFT operation has been reduced by "zeroing" interpolation, which improves the accuracy of Doppler frequency acquisition. However, due to the limitations of resources and computing, "zero" length cannot be infinitely improved.
[2] [3] When using the FFT to estimate the frequency of the single frequency signal, consider the method of coefficient interpolation to improve the frequency estimation accuracy [4] [5] [6] . In this paper, by combining a typical FFT coefficient interpolator with the traditional carrier frequency acquisition algorithm, the accuracy of frequency estimation is greatly improved while reducing the computational complexity relative to the traditional.
A Frequency Domain Parallel Acquisition Algorithm Based on FFT
Direct receiver system to receive the signal received in the form of: sሺkሻ = ඥ2ܲ ௦ dሺ‫ݐ‬ ሻPNሺ‫ݐ‬ + ߬ሻ cosሺ߱ ூ ‫ݐ‬ + ߱ ௗ ‫ݐ‬ + ߮ሻ + ݊ሺ‫ݐ‬ ሻ (1) ܲ ௦ is the receiving signal power, dሺ‫ݐ‬ ሻ is the information code, PNሺ‫ݐ‬ + ߬ሻ is the spreading pseudo-code sequence, ‫ݐ‬ = ݇ • ‫ݐ‬ ௦ is the time corresponding to the current sampling point, ‫ݐ‬ ௦ is the sampling time interval, ߱ ூ is the signal IF frequency, ߱ ௗ is the carrier Doppler frequency, ݊ሺ‫ݐ‬ ሻ is the noise.
The data of N(N = 2 ) is taken for the received data, and the I and Q signals are obtained by down-conversion and L-point correlation.
where ߬̂ is the pseudo-code delay estimate, Rሺ߬ − ߬ሻ is the partial correlation result of the pseudo-code, ‫ݐ‬ = n • ‫ݐ‬ is the total integration time, and ‫ݐ‬ = L • ‫ݐ‬ ௦ is the L-point partial correlation time. An FFT operation of N points for zሺ݊ሻ = ‫ܫ‬ሺ݊ሻ + ݆ܳሺ݊ሻ:
Ignoring the influence of the modulation data spectrum Dሺ݇ሻ, the code correlation result ܴሺ߬ − ߬ሻ and the noise ܰሺ݇ሻ, then
where ݇ ೌೣ is the k value corresponding to the FFT peak, and ߜ is ݇ ೌೣ corresponds to the relative deviation of the frequency from the actual frequency of the signal. Thus, by detecting the peak of the FFT spectrum analysis, a Doppler frequency estimate is obtained:
In this case, the step size of the frequency estimation is 
A Frequency Estimation Algorithm Based on FFT Coefficient Interpolation
From (6), we can see that there are two ways to improve the resolution of frequency estimation by extending the estimated Doppler frequency by FFT spectrum: to extend the correlation time or increase the FFT calculation points. Under the premise of keeping the frequency resolution constant, the traditional method reduces the step size of the frequency search by "zero-padding" interpolation, which reduces the loss of the FFT operation: Suppose the I and Q two data are zeroed to 2N, then zሺ݊ሻ = ‫ܫ‬ሺ݊ሻ + ݆ܳሺ݊ሻ of the 2N-point FFT operation, the frequency search step size is
, the estimation error ห݁ ห < ଵ ସே௧ ಽ
. However, the "zero" interpolation makes the FFT points exponentially increase and the processing complexity is improved. Using this method can only improve the estimation accuracy to a very limited degree. Based on the above reasons, this paper studies and analyzes a frequency estimation algorithm based on FFT coefficient interpolation, which can improve the frequency estimation accuracy in the case of low FFT points. The principle of the algorithm is as follows:
By the equation (4) 
By the above equation, Zሺ݇ሻ can be regarded as a single-frequency complex exponential signal, for this single-frequency complex exponential signal, according to the relevant literature we can see [4] [5] [11] , the use of FFT discrete spectrum of the maximum and adjacent, The Doppler frequency residual estimate can be obtained by the FFT coefficient interpolator. It can be seen from the literature [5] that the maximum spectral line ݇ ೌೣ in Zሺ݇ሻ and its adjacent line ݇ ೌೣ − 1, ݇ ೌೣ + 1 can be expressed as: where the function ݂ሺ⋅ሻ is defined as follows:
It is possible to obtain the estimated value of the Doppler frequency ݂ ௗ from Equation (5) by obtaining the estimated value of δ. For the ݂ሺߜሻ Taylor series expansion, leaving only the first term of δ, derived by derivation:
For the upper part of the above equation, we neglect the quadratic term of δ and get the estimated value of Doppler residual frequency δ [6] :
And then we can get an accurate estimate of the Doppler frequency:
Algorithm Simulation Verification and Analysis
In this section, we compare the traditional "zero-padding" interpolation and the performance of the capture algorithm based on the FFT coefficient interpolation described in this paper. PNሺk − τሻ is the Gold code with the code rate ݂ = ‫ݖܪܯ5.8‬ and the code length 8191; the sampling frequency ݂ ௦ = ‫;ݖܪܯ46‬ the number of partial correlation points L = 500; the frequency of the input signal is ݂ ூ = ‫;ݖܪܯ61‬ dሺ݇ሻ = 1; Coherence accumulation time 1ms, 8 times non-coherent accumulation;
FFT points N = 128; δ represents the actual frequency and FFT the maximum line of the relative difference. Figure 1 is no noise, the coefficient interpolation method to capture the frequency deviation with the δ changes in the situation. In the process of the |δ| increasing the range from 0 to 0.5, the estimated deviation is gradually increasing, but even when δ = 0.5, the deviation is still only 10 -4 . According to the above algorithm and parameters, the Monte Carlo simulation of the performance of the coefficient interpolation method under different carrier to noise ratio is set to 500 times. As the DFT signal frequency is estimated by the existence of the threshold effect [13] , when the carrier to noise ratio is less than 40dBHz, the algorithm performance quickly deteriorated; and when the carrier to noise ratio is higher than the threshold, we can see through Figure 2 , based on FFT coefficient interpolation, the accuracy of the method is close to the Cramerian community. We call the noise-to-noise ratio above the threshold is called "high noise-free environment". Figure 3 shows the difference between the estimated deviation and the standard deviation with the CNR when the coherence accumulation time is not changed, the number of correlation points L = 1000 points, and the number of FFT points N = 64. The "coefficient interpolator" feature makes it easy to have good precision even in the case of low FFT points [4] . The benefit of this is that this method can be used to save computational resources and shorten operations in FFT operations time. Figure 3 . Estimation of deviation and root mean square error with CNR (N = 64, ݂ ௗ = ‫,ݖܪ݇33.71‬ δ = 0.33) However, as mentioned earlier, due to the existence of the threshold effect, the coefficient interpolation method is only applicable to the working environment where the carrier to noise ratio is higher than the threshold. Figure 4 shows the estimated deviation and standard deviation with the Doppler frequency when CNR = 37dBHz. 
Conclusion
In this paper, a frequency-domain parallel direct sequence spread spectrum carrier acquisition algorithm based on FFT coefficient interpolation is proposed. Compared with the traditional algorithm, the proposed algorithm can improve the estimation accuracy of the carrier Doppler frequency with the same or lower FFT points. The simulation results show that the accuracy of the proposed algorithm is close to that of the carrier Doppler frequency estimation when working in a high noise-free environment, and the proposed algorithm has a certain value for the carrier signal estimation of the direct sequence spread spectrum system Learn from meaning.
